Introduction
Many topics on microphone array processing, e.g., signal enhancement, noise reduction and direction of arrival (DOA) estimation, have recently been researched, and many methods have been suggested for DOA estimation. The number of estimated DOAs is generally limited by the number of microphones and we have spatial aliasing problem on the basis of the relationship between microphone distance and wave length [1] .
We have proposed a new DOA estimation method using a matching pursuit algorithm [2] , which can estimate more DOAs than microphones [3] . First, we obtain the array output of the Delay-and-Sum method and calculate the average array output in the frequency range considered. Next, we estimate DOAs using a matching pursuit algorithm. In this study, we performed DOA estimation in a real world using this method and estimated more DOAs than microphones.
DOA estimation
Our method of DOA estimation consists of the following steps. We first separately calculate the normalized power of the array output, PðÞ, for each frequency bin using the Delayand-Sum method [4] . We then obtain the average PðÞ over all frequency bins. Finally, we perform peak picking using a matching pursuit algorithm to estimate the DOA over all frequency bands. The matching pursuit algorithm includes, after each iteration step, a re-optimization of all DOAs found thus far. Its main characteristics is that it is possible to find true DOAs when the number of sources exceeds that of microphones. We will discuss these steps in more detail in the following subsections.
Array output
For K sounds (i.e., K different DOAs) and two microphones, the observed signals are 
where ! is the angular frequency, t is the time, H 1k ð!Þ and H 2k ð!Þ are the respective transfer functions between the kth sound and each microphone, and S k ð!; tÞ is the kth sound. The averageP Pð; !Þ, which is a component that depends on in the power of the Delay-and Sum array output Pð; !Þ, over all frequency bins iŝ
is being the distance between microphones and c the velocity of sound. N is the number of frequency bins andP P avrg ðj k Þ the frequency-averageddependent component of the array output power from the kth sound, i.e., the -dependent component of the Delay-and-Sum array output is approximately the sum of those from different sources. As we are only interested in finding the DOAs at this point, we let
where ( 1k À ( 2k ¼ d sin k =c, k is being the true direction of the kth sound position, and is the steering direction. 2.2. DOA estimation using matching pursuit We used a modified matching pursuit algorithm that includes a re-optimization step [3] to decompose the signal into a set of direct and reflected sounds. We define the vector of the angles of i DOAs, which are estimated during i iterations, as
where Â 0 is a vector without any elements. The matching pursuit algorithm for DOA estimation consists of the following steps:
Step:1) Define a dictionary as
i.e., an element of family D is defined as Eq. (3) normalized by its norm:
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Step:2) Initialization:
e 0 ðÞ ¼P P observed ðÞ and ð7Þ
Step:3) Calculate the residual for all k values:
where a iÀ1 ð k Þ denotes the inner product of e iÀ1 ðÞ and P P avrgn ðj k Þ.
Step:4) Select k (estimate DOA i ):
Step:5) Re-optimize Â i (all DOAs) and calculate the residual e i ðÞ:
whereâ að l Þ is computed from Eq. (18).
Step:6) If 10 log
where is the stopping criterion,
go to Step:3), or else end the procedure.
DOA re-optimization
We define the vector of the angles of L DOAs as
The basis vectors and the observed vector are defined aŝ
where we have discretized the normalized frequency-averaged -dependent component of the array output power from the kth sound as a function of continuous steering direction variable . For a given set of DOAs, the analysis matrix containing the basis vectors is constructed according tô
The projection of e 0 onto a space that is defined by baseŝ
which is from the least-squares residual. Optimum DOAs are those for which the energy of the projection of e 0 onto the column space ofP P avrgnÂ is maximized, that is,
Experiments
We estimated DOAs under real world experimental conditions, which were recorded in our office. The reverberation time was 0.94 s. The experimental conditions are shown in Fig. 1 . The distance between microphones was 5 cm under these conditions. We used a data sampling frequency of 44.1 kHz, a frame length of 46 ms, and a frame update of 23 ms.
Figures 2-5 show the DOA estimates using the matching pursuit algorithm. The x-axis indicates the direction of arrival, and the y-axis the power of the arriving sound. Figure 2 shows the array output. Figures 3-5 show the first, second and third estimated DOAs, respectively. We also estimated the big initial reflected sound.
Conclusions
In this study, we estimated more DOAs than microphones using a matching pursuit algorithm under reverberant conditions. Source separation has recently been studied by many researchers to separate sources effectively under real world conditions. Thus, one of the research topics is to separate sources for convoluted mixtures consisting of long impulse responses in acoustics. We expect that additional improvement can be achieved in actual cases by considering the spatial information from this method. 
